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DETAILED ACTION 

1 . This office action is in response to the communications filed March 14, 2008. 
Claims 1 - 20 are currently pending and considered below. 



Priority 

2. Acknowledgment is made of applicant's claim for foreign priority based on an 
application filed in Japan on November 15, 2002. It is noted, however, that applicant 
has not filed a certified copy of the JP 2002-332565 application as required by 35 
U.S.C. 119(b). 



Double Patenting 

3. The nonstatutory double patenting rejection is based on a judicially created 
doctrine grounded in public policy (a policy reflected in the statute) so as to prevent the 
unjustified or improper timewise extension of the "right to exclude" granted by a patent 
and to prevent possible harassment by multiple assignees. A nonstatutory 
obviousness-type double patenting rejection is appropriate where the conflicting claims 
are not identical, but at least one examined application claim is not patentably distinct 
from the reference claim(s) because the examined application claim is either anticipated 
by, or would have been obvious over, the reference claim(s). See, e.g., In re Berg, 140 
F.3d 1428, 46 USPQ2d 1226 (Fed. Cir. 1998); In re Goodman, 11 F.3d 1046, 29 
USPQ2d 2010 (Fed. Cir. 1993); In re Longi, 759 F.2d 887, 225 USPQ 645 (Fed. Cir. 
1985); In re Van Ornum, 686 F.2d 937, 214 USPQ 761 (CCPA 1982); In re Vogel, 422 
F.2d 438, 164 USPQ 619 (CCPA 1970); and In re Thorington, 418 F.2d 528, 163 
USPQ 644 (CCPA 1969). 

A timely filed terminal disclaimer in compliance with 37 CFR 1 .321 (c) or 1 .321 (d) 
may be used to overcome an actual or provisional rejection based on a nonstatutory 
double patenting ground provided the conflicting application or patent either is shown to 
be commonly owned with this application, or claims an invention made as a result of 
activities undertaken within the scope of a joint research agreement. 

Effective January 1 , 1994, a registered attorney or agent of record may sign a 
terminal disclaimer. A terminal disclaimer signed by the assignee must fully comply with 
37 CFR 3.73(b). 
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4. Claims 1,2, 10, and 1 1 are provisionally rejected on the ground of nonstatutory 
obviousness-type double patenting as being unpatentable over claims 2 and 4 of 
copending Application No. 10/706,772 in view of Bienek et al. (WO 02/078388 A2). 

Claim 1: Application No. 10/706,772 discloses in claim 2 an audio signal processing 
method comprising the steps of ("method of reproducing an audio signal"): supplying an 
audio signal to each of a plurality of digital filters ("supplying an audio signal to a 
plurality of digital filters, respectively"); respectively supplying outputs from the plurality 
of digital filters to a plurality of speakers arranged in a speaker array to form a sound 
field ("generating a sound field inside a closed space by supplying respective outputs of 
the plurality of digital filters to a plurality of speakers constituting a speaker array, 
respectively"); setting a predetermined delay time in each of the plurality of digital filters 
so that transmission delay times with which the audio signal arrives at a first point in the 
sound field via each of the plurality of digital filters and each of the plurality of speakers 
will coincide with each other ("supplying the sounds outputted from the speaker array to 
a location of a listener inside the sound filed after being reflected by a wall surface of 
the closed space with a sound pressure larger than that of a peripheral location by 
setting predetermined delay times for said plurality of digital filters, respectively"); and 
adjusting an amplitude characteristic of the plurality of digital filters so that a low-pass 
filter characteristic will be given to a synthesis response of the audio signal at a second 
point in the sound field ("a sound pressure directly arriving at said listener from said 
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speaker array is reduced by setting predetermined amplitudes to said plurality of digital 
filters, respectively"). 

Claim 2 does not disclose "without combining separately filtered frequency bands 
of the audio signal". However Bienek discloses also discloses a method and apparatus 
to create a sound field and teaches doing so without combining separately filtered 
frequency bands of the audio signal ("The windowing means (4101) applies a window 
function to the set of replicas for a channel. Thus, the system can be configured so that 
different windowing functions are chosen for each channel," Page 27 Lines 2-4. 
Further, "Figure 14 shows another embodiment of this aspect in which different sets of 
output transducers of the array are used to transmit different frequency bands of the 
input signal (1 01 )." Finally, "This aspect of the invention is fully compatible with the 
above-described third aspect since windowing functions can be used, with the 
calculation taking place after the distributors (3403, 3503, 3507)," Fourth Aspect of the 
Invention, Pages 27 - 31 . Therefore, since windowing means is applied to each 
channel, thereby giving a synthesis response of the audio signal at a second point in the 
sound field, and the fourth embodiment of the invention discloses applying the third 
aspect of the invention to different frequency bands of the audio signal, Bienek teaches 
the claimed "adjusting an amplitude characteristic of the plurality of digital filters so that 
a low-pass filter characteristic will be given to a synthesis response of the audio signal 
at a second point in the sound field, without combining separately filtered frequency 
bands of the audio signal"). Therefore, given the teachings of Bienek it would have been 
obvious to one of ordinary skill in the art at the time of the invention to implement the 
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sound filed as disclosed by Application No. 10/706,772 without combining separately 
filtered frequency bands of the audio signal, thereby allowing different windowing 
functions for different frequency bands. 

Claim 2: Application No. 10/706,772 further discloses in claim 2 the audio signal 
processing method according to claim 1, wherein a sound wave from the speaker array 
is caused to reach at least one of the first and second points after it is reflected by a wall 
surface ("reflected by a wall surface"). 

Claims 10 and 11: Application No. 10/706,772 also discloses in claim 4 an apparatus 
performing the method disclosed above and therefore, is rejected on the same grounds 
as claims 1 and 2 above. 

This is a provisional obviousness-type double patenting rejection. 

Claim Rejections - 35 USC §112 

5. The following is a quotation of the first paragraph of 35 U.S. C. 112: 

The specification shall contain a written description of the invention, and of the manner and process of 
making and using it, in such full, clear, concise, and exact terms as to enable any person skilled in the 
art to which it pertains, or with which it is most nearly connected, to make and use the same and shall 
set forth the best mode contemplated by the inventor of carrying out his invention. 

6. Claims 1 - 20 are rejected under 35 U.S.C. 112, first paragraph, as failing to 
comply with the written description requirement. The claim(s) contains subject matter 
which was not described in the specification in such a way as to reasonably convey to 
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one skilled in the relevant art that the inventor(s), at the time the application was filed, 
had possession of the claimed invention. Claims 1 and 10 recite the limitation, "without 
combining separately filtered frequency bands of the audio signal". 

Claim Rejections - 35 USC § 102 

(b) the invention was patented or described in a printed publication in this or a foreign country or in public 
use or on sale in this country, more than one year prior to the date of application for patent in the United 
States. 

7. Claims 1 - 4 and 1 0 - 1 3 are rejected under 35 U.S.C. 1 02(b) as being 
anticipated by Bienek et al. (WO 02/078388 A2), hereinafter Bienek . 

Claim 1: Bienek discloses an audio signal processing method (method and apparatus 
to create a sound field) comprising the steps of: supplying an audio signal (input signal 
1 01 ) to each of a plurality of digital filters (delay means 1 508 or adjustable digital filter 
1512 can also be arranged to apply delays); respectively supplying outputs from the 
plurality of digital filters to a plurality of speakers arranged in a speaker array to form a 
sound field (Description of Figure 6, Pages 18-19); setting a predetermined delay time 
in each of the plurality of digital filters so that transmission delay times with which the 
audio signal arrives at a first point in the sound field via each of the plurality of digital 
filters and each of the plurality of speakers will coincide with each other (Third Sound 
Field, Pages 21 - 22 and Figure 7C and Figure 8); and adjusting an amplitude 
characteristic of the plurality of digital filters so that a low-pass filter characteristic will be 
given to a synthesis response of the audio signal at a second point in the sound field 
(Third Aspect of the Invention, Pages 26 - 27 and Figure 1 1 ), without combining 
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separately filtered frequency bands of the audio signal ("The windowing means (4101) 
applies a window function to the set of replicas for a channel. Thus, the system can be 
configured so that different windowing functions are chosen for each channel," Page 27 
Lines 2-4. Further, "Figure 14 shows another embodiment of this aspect in which 
different sets of output transducers of the array are used to transmit different frequency 
bands of the input signal (1 01 )." Finally, "This aspect of the invention is fully compatible 
with the above-described third aspect since windowing functions can be used, with the 
calculation taking place after the distributors (3403, 3503, 3507)," Fourth Aspect of the 
Invention, Pages 27 - 31 . Therefore, since windowing means is applied to each 
channel, thereby giving a synthesis response of the audio signal at a second point in the 
sound field, and the fourth embodiment of the invention discloses applying the third 
aspect of the invention to different frequency bands of the audio signal, Bienek teaches 
the claimed "adjusting an amplitude characteristic of the plurality of digital filters so that 
a low-pass filter characteristic will be given to a synthesis response of the audio signal 
at a second point in the sound field, without combining separately filtered frequency 
bands of the audio signal"). 

Claim 2: Bienek discloses the audio signal processing method according to claim 1 , 
wherein a sound wave from the speaker array is caused to reach at least one of the first 
and second points after it is reflected by a wall surface (Figure 8). 
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Claim 3: Bienek discloses the audio signal processing method according to claim 1 , 
wherein when forming the first and second points in the sound field, a filter factor of 
each of the plurality of digital filters is determined by calculation and set for each of the 
plurality of digital filters (Third Sound Field, Pages 21 - 22 and Figure 7C). 

Claim 4: Bienek discloses the audio signal processing method according to claim 1 , 
wherein when forming the first and second points in the sound field, a filter factor of 
each of the plurality of digital filters is read from a data base and set for each of the 
plurality of digital filters (stored sets of delays (for the DDGs) and filter coefficients (for 
the ADFS) can be recalled, Page 14 Lines 26 and 27). 

Claim 10: Bienek discloses an audio signal processor (method and apparatus to create 
a sound field) comprising a plurality of digital filters (delay means 1508 or adjustable 
digital filter can also be arranged to apply delays) each supplied with an audio signal 
(input signal 1 01 ), wherein each of the plurality of digital filters supplies an output signal 
to each of a plurality of speakers arranged in a speaker array to form a sound field 
(Description of Figure 6, Pages 18-19); each of the plurality of digital filters has a 
predetermined delay time so that transmission delay times with which the audio signal 
arrives at a first point in the sound field via each of the plurality of digital filters and each 
of the plurality of speakers will coincide with each other (Third Sound Field, Pages 21 - 
22 and Figure 7C and Figure 8); and each of the plurality of digital filters has an 
amplitude characteristic so that a low-pass filter characteristic will be given to a 
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synthesis response of the audio signal at a second point in the sound field (Third Aspect 
of the Invention, Pages 26 - 27 and Figure 1 1 ), without combining separately filtered 
frequency bands of the audio signal ("The windowing means (4101) applies a window 
function to the set of replicas for a channel. Thus, the system can be configured so that 
different windowing functions are chosen for each channel," Page 27 Lines 2-4. 
Further, "Figure 14 shows another embodiment of this aspect in which different sets of 
output transducers of the array are used to transmit different frequency bands of the 
input signal (101)." Finally, "This aspect of the invention is fully compatible with the 
above-described third aspect since windowing functions can be used, with the 
calculation taking place after the distributors (3403, 3503, 3507)," Fourth Aspect of the 
Invention, Pages 27 - 31 . Therefore, since windowing means is applied to each 
channel, thereby giving a synthesis response of the audio signal at a second point in the 
sound field, and the fourth embodiment of the invention discloses applying the third 
aspect of the invention to different frequency bands of the audio signal, Bienek teaches 
the claimed "adjusting an amplitude characteristic of the plurality of digital filters so that 
a low-pass filter characteristic will be given to a synthesis response of the audio signal 
at a second point in the sound field, without combining separately filtered frequency 
bands of the audio signal"). 

Claim 1 1 : Bienek discloses the audio signal processor according to claim 1 0, wherein a 
sound wave from the speaker array is caused to reach at least one of the first and 
second points after it is reflected by a wall surface (Figure 8). 
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Claim 12: Bienek discloses the audio signal processor according to claim 10, wherein 
when forming the first and second points in the sound filter, a filter factor of each of the 
plurality of digital filters is determined by calculation and set for each of the plurality of 
digital filters (Third Sound Field, Pages 21 - 22 and Figure 7C). 

Claim 13: Bienek discloses the audio signal processor according to claim 10, wherein 
when forming the first and second points in the sound field, a filter factor of each of the 
plurality of digital filters is read from a data base and set for each of the plurality of 
digital filters (stored sets of delays (for the DDGs) and filter coefficients (for the ADFS) 
can be recalled, Page 14 Lines 26 and 27). 

Claim Rejections - 35 USC § 103 

8. The following is a quotation of 35 U.S.C. 1 03(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 

9. Claims 5 - 9 and 14 - 20 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Bienek in view of Masako et al. (JP-8-191225-A), hereinafter 
Masako . 
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Claim 5: Bienek discloses the audio signal processing method according to claim 1 , but 
does not explicitly disclose wherein: the predetermined delay time set for at least one of 
the plurality of digital filters is divided into an integer part and decimal part in units of a 
sampling period of the audio signal; over-sampling an impulse response including a 
delay time represented by at least the decimal part of the predetermined delay time for 
a shorter period than a sampling period to provide a sample train and, wherein the 
sample train is down-sampled to provide pulse-waveform data of the sampling period; 
and factor data is set for a part to be delayed by the plurality of digital filters based on 
the pulse- waveform data. Bienek does disclose "the minimum delay possible for a 
given signal is preferably as small or smaller than Ts, that signal's sample period" and 
that "most preferably, the smallest incremental change in delay possible for a given 
digital signal should be no larger than Ts, that signal's sampling period. Otherwise, 
interpolation of the signal is necessary," Page 1 2 Lines 1 7 - 24. Therefore Bienek does 
disclose a fractional delay and also discloses that a delay filter and an adaptive digital 
filter may be used. Bienek does not disclose details of how to perform, for example, the 
interpolation necessary for the fractional delays disclosed above and therefore one 
would be inclined to look elsewhere for such a teaching. Masako discloses the 
technique necessary to include a fractional delay (Figure 6 -7 and Paragraph 29 - 33) 
and discloses that this technique is an effective approach when slight spacing 
differences influence the felling of the direction of perceived sound. Therefore, it would 
have been obvious to one of ordinary skill in the art at the time of the invention to 
include the process of over-sampling an impulse response and then down-sampling to 
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provide a pulse-waveform data of the sampling period as disclosed by Masako for 
setting the delay coefficients for the plurality of digital filters as disclosed by Bienek , 
thereby providing better perceived spatial resolution. 

Claim 6: Bienek and Masako disclose the audio signal processing method according to 
claim 5, wherein the audio signal is delayed by a part of the predetermined delay time, 
which is a multiple of the sampling period, by digital delay circuits which operate for the 
sampling period, while it is being delayed by the remainder of the predetermined delay 
time, which includes the decimal part by the digital filters ( Bienek discloses that the 
delay time may be a fractional sampling period and also discloses cascading a delay 
means with adjustable digital filter means that can also apply delays. Therefore given 
the disclosure of Bienek and the teachings of Masako of how to calculate a finer 
representation of an impulse response, Bienek and Masako disclose implementing a 
delay using a simple delay element and an adjustable digital filter for the remainder or 
fractional part of the delay in a two stage process as disclosed by Bienek ). 

Claim 7: Bienek and Masako disclose the audio signal processing method according to 
claim 5, and wherein: an over-sampling period of the over-sampling operation is 1/N (N 
is an integer larger than or equal to 2) of the sampling period of the digital signal; and 
when the delay time represented by the decimal part is nearly an integral multiple (m) of 
the over-sampling period, m/N is adopted as the decimal part ( Masako , Paragraph 26). 
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Claim 8: Bienek and Masako disclose the audio signal processing method according to 
claim 7, wherein: the pulse-waveform data to be delayed by a delay time which is m/N 
(m = 1 to N - 1) of the sampling period is pre-stored in a data base; and pulse-waveform 
data approximate to the decimal part is taken out of the stored pulse-waveform data and 
set as a filter factor of each of the plurality of digital filters ( Bienek , stored sets of delays 
(for the DDGs) and filter coefficients (for the ADFS) can be recalled, Page 14 Lines 26 
and 27). 

Claim 9: Bienek and Masako disclose the audio signal processing method according to 
claim 5, wherein a transfer characteristic providing a predetermined acoustic effect is 
convoluted in the pulse-waveform data and set as a filter factor of each of the plurality of 
digital filters ("convolution multiplier", Masako , Paragraph 26). 

Claim 14: Bienek discloses the audio signal processor according to claim 1 0, wherein: 
the pulse-waveform provided by the calculation circuit is set as a filter factor of each of 
the plurality of digital filters (Third Sound Field, Pages 21 - 22 and Figure 7C) but does 
not explicitly disclose the predetermined delay time set for at least one of the plurality of 
digital filters is divided into an integer part and decimal part in units of a sampling period 
of the audio signal, there is further provided a calculation circuit to calculate pulse- 
waveform data of the sampling period by over-sampling an impulse response including 
a delay time represented by at least the decimal part of the predetermined delay time 
for a shorter period than the sampling period to provide a sample train, and down- 
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sampling the sample train. Bienek does disclose "the minimum delay possible for a 
given signal is preferably as small or smaller than Ts, that signal's sample period" and 
that "most preferably, the smallest incremental change in delay possible for a given 
digital signal should be no larger than Ts, that signal's sampling period. Otherwise, 
interpolation of the signal is necessary," Page 1 2 Lines 1 7 - 24. Therefore Bienek does 
disclose a fractional delay and also discloses that a delay filter and an adaptive digital 
filter may be used. Bienek does not disclose details of how to perform, for example, the 
interpolation necessary for the fractional delays disclosed above and therefore one 
would be inclined to look elsewhere for such a teaching. Masako discloses the 
technique necessary to include a fractional delay (Figure 6 -7 and Paragraph 29 - 33) 
and discloses that this technique is an effective approach when slight spacing 
differences influence the felling of the direction of perceived sound. Therefore, it would 
have been obvious to one of ordinary skill in the art at the time of the invention to 
include the process of over-sampling an impulse response and then down-sampling to 
provide a pulse- waveform data of the sampling period as disclosed by Masako for 
setting the delay coefficients for the plurality of digital filters as disclosed by Bienek . 
thereby providing better perceived spatial resolution. 

Claim 15: Bienek and Masako disclose the audio signal processor according to claim 
14, wherein: an over-sampling period of the over-sampling in the calculation circuit is 
1/N (N is an integer larger than or equal to 2) of the sampling period of the digital signal; 
and when the delay time represented by the decimal part is nearly an integral multiple 
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(m) of the over-sampling period, m/N is adopted as the decimal part (Masako, 
Paragraph 26). 

Claim 16: Bienek and Masako disclose the audio signal processor according to claim 
14, wherein a transfer characteristic providing a predetermined acoustic effect is 
convoluted in the pulse-waveform data to set synthetic-waveform data as a filter factor 
of each of the plurality of digital filters ("convolution multiplier", Masako , Paragraph 26). 

Claim 17: Bienek discloses the audio signal processor according to claim 10, wherein: 
the pulse-waveform data stored in the storing means is taken out and set as a filter 
factor of each of the plurality of digital filters (stored sets of delays (for the DDGs) and 
filter coefficients (for the ADFS) can be recalled, Page 14 Lines 26 and 27) but does not 
explicitly disclose the predetermined delay time set for at least one of the plurality of 
digital filters is divided into an integer part and decimal part in units of a sampling period 
of the audio Signal; there is further provided a storing means for storing pulse-waveform 
data of the sampling period provided by over- sampling an impulse response including a 
delay time represented by at least the decimal part of the predetermined delay time for 
a shorter period than the sampling period to provide a sample train, and down-sampling 
the sample train. Bienek does disclose "the minimum delay possible for a given signal is 
preferably as small or smaller than Ts, that signal's sample period" and that "most 
preferably, the smallest incremental change in delay possible for a given digital signal 
should be no larger than Ts, that signal's sampling period. Otherwise, interpolation of 
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the signal is necessary," Page 1 2 Lines 1 7 - 24. Therefore Bienek does disclose a 
fractional delay and also discloses that a delay filter and an adaptive digital filter may be 
used. Bienek does not disclose details of how to perform, for example, the interpolation 
necessary for the fractional delays disclosed above and therefore one would be inclined 
to look elsewhere for such a teaching. Masako discloses the technique necessary to 
include a fractional delay (Figure 6 -7 and Paragraph 29 - 33) and discloses that this 
technique is an effective approach when slight spacing differences influence the felling 
of the direction of perceived sound. Therefore, it would have been obvious to one of 
ordinary skill in the art at the time of the invention to include the process of over- 
sampling an impulse response and then down-sampling to provide a pulse-waveform 
data of the sampling period as disclosed by Masako for setting the delay coefficients for 
the plurality of digital filters as disclosed by Bienek , thereby providing better perceived 
spatial resolution. 

Claim 18: Bienek and Masako disclose the audio signal processor according to claim 
17, wherein: an over-sampling period of the over-sampling is 1/N (N is an integer larger 
than or equal to 2) of the sampling period of the digital signal; and when the delay time 
represented by the decimal part is nearly an integral multiple (m) of the over-sampling 
period, m/N is adopted as the decimal part ( Masako . Paragraph 26). 



Claim 19: Bienek and Masako disclose the audio signal processor according to claim 
17, wherein: a plurality of the pulse-waveform data corresponding to the decimal part is 
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pre-stored in the storing means; and pulse-waveform data approximate to the decimal 
part is taken out of the stored pulse-waveform data and set as a filter factor of each of 
the plurality of digital filters ( Bienek , stored sets of delays (for the DDGs) and filter 
coefficients (for the ADFS) can be recalled, Page 14 Lines 26 and 27). 

Claim 20: Bienek and Masako disclose the audio signal processor according to claim 
17, wherein a transfer characteristic providing a predetermined acoustic effect is 
convoluted in the pulse-waveform data to set the pulse-waveform data as a filter factor 
of each of the plurality of digital filters ("convolution multiplier", Masako , Paragraph 26). 

Response to Arguments 

10. Applicant's arguments filed March 14, 2008 with regards to the provisional double 
patenting rejection under 35 U.S.C. 101 as claiming the same invention as that of 
claims 2 and 4 of copending Application No. 10/706,772 have been considered but are 
moot in view of the new ground(s) of rejection necessitated by the amendment. 

1 1 . Applicant's arguments with respect to claim 1 - 20 under 35 U.S.C. 1 02 and 1 03 
have been considered but are moot in view of the new ground(s) of rejection. 

Conclusion 

12. Applicant's amendment necessitated the new ground(s) of rejection presented in 
this Office action. Accordingly, THIS ACTION IS MADE FINAL. See MPEP 
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§ 706.07(a). Applicant is reminded of the extension of time policy as set forth in 37 
CFR 1.136(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within 
TWO MONTHS of the mailing date of this final action and the advisory action is not 
mailed until after the end of the THREE-MONTH shortened statutory period, then the 
shortened statutory period will expire on the date the advisory action is mailed, and any 
extension fee pursuant to 37 CFR 1 .136(a) will be calculated from the mailing date of 
the advisory action. In no event, however, will the statutory period for reply expire later 
than SIX MONTHS from the date of this final action. 

Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Joseph Saunders whose telephone number is (571) 
270-1063. The examiner can normally be reached on Monday - Thursday, 9:00 a.m. - 
4:00 p.m., EST. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Suhan Ni can be reached on (571 ) 272-7505. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a 
USPTO Customer Service Representative or access to the automated information 
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 



/J. SJ 

Examiner, Art Unit 2615 
/Suhan Ni/ 

Primary Examiner, Art Unit 2615 



